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(57) An adaptive "temporal audio scaler is provided 
for automatically stretching and compressing frames of 
audio signals received across a packet-based network. 
Prior to stretching orcompressing segments of a current 
frame, the temporal audio scaler first computes a pitch 
period for each frame for sizing signal templates used 
for matching operations in stretching and compressing 
segments. Further, the temporal audio scaler also de- 
termines the type or types of segments comprising each 
frame. Those segment types include "voiced" seg- 
ments, "unvoiced" segments, and "mixed" segments 
which include both voiced and unvoiced portions. The 
stretching or compression methods applied to segments 
of each frame are then dependent upon the type of seg- 
ments comprising each frame. Further, the amount of 
stretching and compression applied to particular seg- 
ments is automatically variable for minimizing signal ar- 
tifacts while still ensuring that an overall target stretch- 
ing or compression ratio is maintained for each frame. 
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Description 
BACKGROUND 
Technical Field: 

[0001] The invenlion is related to automatic time-scale modification of audio signals, and in particular, to a system 
and method for providing automatic high quality stretching and compression of segments of an audio signal containing 
speech or other audio. 

Related Art: 

[0002] Lengthening or shortening of audio segments such as frames in a speech-based audio signal is typically 
referred to as speech stretching and speech compression, respectively In many applications it is necessary to either 
stretch or compress particular segments of speech, or silence, within the signal in order to enhance the perceptual 
quality of the speech in a signal, or to reduce delay. For example, stretching is often used to enhance the intelligibility 
of the speech, to replace lost or noisy frames in the speech signal, orto provide additional time when waiting for delayed 
speech data, as it maybe used in some adaptive de-jittering algorithms. Similarly, shortening or compression of speech 
is used for a number of purposes, including speeding up a recorded signal to reduce listening time, reducing transmis- 
sion bitrate of a signal, speeding up segments of the signal to reduce overall transmission time, and reducing trans- 
mission delay so that the signal can be transmitted closer to real-time following some type of processing of the signal 
frames. 

[0003] For example, conventional packet communication systems, such as the Internet or other broadcast network, 
are typically lossy. In other words, not every transmitted packet can be guaranteed to be delivered either error free, ori 
time, or even in the correct sequence. If the receiver can wait for packets to be retransmitted, correctly ordered, or 
corrected using some type of error correction scheme, then the fact that such networks are inherently lossy Is not an 
issue. However, for near real-time applications, such as, for example, voice-based communications systems across 
such packet-based networks, the receiver can not wait for packets to be retransmitted, correctly ordered, or corrected 
without causing undue, and noticeable, lag or delay in the communication. 

[0004] Some conventional schemes address the problems of voice communications across a packet-based networi< 
by simply causing the receiver to substitute silence for missing or corrupted packets. Related schemes simply play 
back received frames as they are received, regardless of the often variable delay between packet receipt times. Un- 
fortunately, while such methods are very simple to implement, the effect Is typically a signal having easily perceived 
artifacts resulting in a perceptually lower signal quality. 

[0005] A more elaborate scheme attempts to provide a better perceptual signal quality by replacing missing speech 
packets with wave-form segments from previously correctly received packets in order to increase a maximum tolerable 
missing packet rate. This scheme is based on a probabilistic prediction of waveform substitution failure as a function 
of packet duration and packet loss rate to select substitute waveforms for replacing missing packets. Further, this 
scheme also uses either signal pattern matching or explicit estimates of voicing and pitch for selecting the substitute 
waveforms. In addition, following waveform substitution, a further reduction in perceived distortion is achieved by 
smoothing the boundaries between discontinuities at the packet boundaries where substitute waveforms were used 
to replace lost or con-upted packets. Unfortunately, while this scheme represents a significant improvement over simply 
replacing missing frames with silence, there are stilt easily perceived audio artifacts in the reconstructed signal. 
[0006] Another conventional scheme attempts to address the issue of perceived audio artifacts, and thus of perceived 
signal quality, by providing a packet-based replacement of lost or corrupted frames by variable temporal scaling of 
individual voice packets (via stretching or compression) in response to packet receipt delay or loss. In particular, this 
scheme uses a version of a conventional method referred to as "wavefomi similarity overiap-add" ( WSOLA) to accom- 
plish temporal scaling of one or more packets while minimizing perceptual artifacts In the scaled packets. 
[0007] The basic idea of the WSOLA and related methods involves decomposing input packets input into overlapping 
segments of equal length. These overlapping segments are then realigned and superimposed via a conventional cor- 
relation process along with smoothing of the overlap regions to form an output segment having a degree of overlap 
which results in the desired output length. The result Is that the composite segment is useful for hiding or concealing 
perceived packet delay or loss. Unfortunately, while this scheme provides a significant improvement to previous speech 
stretching and compression methods, it still leaves substantial room for improvement in perceived quality of stretched 
and compressed audio signals. 

[0008] Therefore, what is needed is a system and method that provides high quality time scale modification of audio 
signals containing speech and other audio. In particular, such a system and method should provide for speech stretching 
and compression while minimizing perceivable artifacts in the reconstructed signal. In addition, such a system and 



30 



35 



40 



45 



50 



2 



BNSDOCID: <EP. 



I515310A1 I > 



10 



15 



20 



25 



EP 1515 310 A1 

method should also provide for variable compression and stretching to account for variable network packet delay and 
loss. 

SUMMARY 

[0009] Time-scale modificalion of audio signals containing speech has been used for a number of years for improving 
intelligibility, reducing listening lime, or enhancing the q uality of signals transmitted across lossy and delay prone pack- 
et-based networks such as the Internet and then reconstructed on a client computer or receiver. For example, in many 
applications it is desirable to stretch or compress one or more frames of an audio signal containing speech. Typically, 
stretching is used for enhancing intelligibility of a fast talker, extending the duration of a segment of speech in the signal 
in order to replace lost, overly delayed, or noisy frames, or in de-jittering algorithms to provide additional time when 
waiting for delayed speech packets. Similarly, shortening or compression of the audio signal is typically used for re- 
ducing listening time, for reducing transmission bitrate of a signal, for speeding up frames of the signal to reduce overall 
transmission time, and for reducing transmission delay so that the signal can be transmitted closer to real-time following 
some type of processing of the signal frames. In view of these uses, there is a clear need for a system and method for 
stretching and compression of speech that provides a high quality output while minimizing any perceivable artifacts in 
a reconstructed signal. 

[0010] To address this need for high quality audio stretching and compression, an adaptive "temporal audio scaler 
is provided for automatically stretching and compressing frames (or segments) of audio signals. The temporal audio 
scaler described herein provides a system and method for temporal scaling, including both stretching and compression, 
of audio signals. This temporal audio scaler is described in the following paragraphs. 

[0011] In general, the temporal audio scaler provides for both stretching and compressing frames or segments of 
the signal. Further, the temporal audio scaler is capable of providing for variable stretching and compression of particular 
frames or segments without the need to reference to adjacent frames. In addition, the variability of the stretching and 
compression provided by the temporal audio scaler allows for small variations of compression ratio from a desired ratio 
to be compensated for at the next frame while maintaining an overall average desired compression (or stretching) ratio 
by using a "carry over" technique. 

[0012] For example, if a target compression ratio is 2:1 for a particular signal, and each input speech frame has 300 
samples, each target output frame will nominally have 150 samples. However, if a particular frame is compressed to 
180 samples instead of 150 samples, for example, then the extra 30 samples are compensated for in the next frame 
by setting Its target compression to 120 samples. Consequently, with block sizes of 180 and 120, the average block 
size. is still 150, with an average compression ration of 2:1 . Note that depending upon the content of that next frame, 
compression to 1 20 samples may not provide optimal results. Consequently, the 120 sample example is only a target! 
with the actual compression, or stretching, being used to set the target compression or stretching of the subsequent 
35 frame so as to ensure the desired average. 

[001 3] Therefore, more than one subsequent frame may be stretched or compressed to maintain the desired average. 
For example, using the above example, if the frame following the frame that was compressed to 180 samples is com- 
pressed to 130 samples, then the target compression for the next frame have a target compression of 140 samples to 
provide an average of 150 samples over the three frames. Through use of this carry over technique any desired com- 
pression (or stretching) ratio is maintained, while keeping only a loose requirement on the length of any particular 
output frame. 

[0014] The result of this can^ over technique is that compensation for lost or delayed packets through stretching or 
compression is extremely flexible as each individual franrie is optimally stretched or compressed, as needed, for min- 
imizing any perceivable artifacts in the reconstructed signal. This capability of the temporal audio scaler complements 
a number of applications such as de-jittering, for example, which generally requires a reduced delay for minimizing 
artifacts. 

[001 5] In view of the preceding paragraphs, it should be clear that the temporal audio scaler provides for stretching 
and compression of a particular frame by first receiving a frame from the signal, modifying the temporal characteristics 
of the frame by either stretching or compressing segments of that frame, determining whether the stretching or com- 
pression of the current frame is equal to a target stretching or compression ratio, and then adding the difference, if 
any. between the actual and target stretching or compression ratios to the stretching or compression to be applied to 
the next frame or frames. 

[0016] Further, prior to stretching or compressing segments of the current frame, the temporal audio scaler first 
detennines the type of the segment. For example, in an audio signal including speech, each segment of a frame will 
be either a "voiced" segment that includes speech or some other voiced utterance, an "unvoiced" segment which does 
not include any speech or other utterance, or a "mixed" segment which includes both voiced and unvoiced portions. 
In order to achieve optimal results, the temporal audio scaler provides for variable stretching and compression that Is 
specifically targeted to the particular segment type being stretched or compressed. Consequently, individualized 
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stretching and compression methods are applied to each type of segment, i.e., voice, unvoiced, or mixed. Note that 
with each of the individualized methods for each segment type, the audio samples near the frame boundaries are 
modified as little as possible, or not at all, in order to ensure a better transition to a yet-unknown subsequent speech 
frame. 

[0017] In making the detemnination of segment type, the natural periodicity of human speech Is a useful guide. In 
general, the determination as to segment type is made as a function of how closely potentially periodic sections of the 
signal match. For example, in stretching or compressing a particular sample or frame of an audio signal which has not 
yet been played, the first step is to select a smaller segment or sub-frame from the frame to be stretched or compressed. 
This sub-frame is referred to as a "template" since the next step is to find a similar or matching nearby segment in the 
signal. Note that the matching segment may either be within the frame being stretched or compressed, or - if available 
- may be within the previously played frame. Consequently, in one embodiment, one or more of the most recently 
played frames are maintained in a temporary buffer for purposes of locating matching segments. The search for the 
segment matching the template is done using a conventional signal matching technique, such as, for example, a nor- 
malized cross con-elation measure or similar technique. Further, in one embodiment, the search range is limited to a 
IS range compatible with the "pitch" of the signal. 

[0018J As is well known to those skilled in the art. voiced sounds such as speech are produced by an oscillation of 
the vocal cords that modulates airflow into quasi-periodic pulses which excite resonances in the vocal tract. The rate 
of these pulses is generally called the fundamental frequency or "pitch." In general, the periodicity, or "pitch period" of 
a voiced audio signal represents the time between the largest magnitude positive or negative peaks in a time domain 
representation of the voiced audio signal. Although speech signals are not actually perfectly periodic, the estimated 
pitch frequency and its reciprocal, the pitch period, are still very useful in modeling the speech signal. Note that the 
reminder of the discussion makes reference to both pitch and pitch period. There are highly elaborate methods for 
determining pitch; however, as these concepts are well known to those skilled the art, the determination of pitch and 
pitch period described herein will be a basic one, based simply on finding the peak of cross correlation. However, it 
should be clear in view of the discussion provided herein that that any conventional method for determining pitch and 
pitch period may be used the temporal audio scaler. 

[00191 For example, voiced portions of the signal will naturally have a higher periodicity as a result of the pitch or 
periodicity of human speech or utterances. Therefore, the strength of the peak of the normalized cross correlation 
provides insight into whether a particular segment of a frame is voiced, unvoiced, or mixed. For example, as a segment 
contains more speech, the nomnalized cross conrelatlon peak will increase, and as a segment contains less speech, 
there will typically be less periodicity in the signal, resulting in a smaller nomiatized cross con-elation peak. The value 
of the peak of the nonnalized cross congelation is then compared to predetemnined thresholds for detemiining whether 
particular segments are voiced segments, unvoiced segments, or a mixture of voiced and unvoiced components, i.e.. 
a mixed segment. In a tested embodiment, peak values between about .4 and about .95 were used to identify mixed 
segments, peak values greater than about .96 were used to identify voiced segments, and peak values less than about . 
4 were used to identify unvoiced segments. 

[0020] Once the particular type of segment is identified, a segment-type specific stretching or compression process 
is applied to the segment for stretching or compressing the cun-ent frame as desired. For example, when stretching 
voiced frames, a windowed overiap-add (SOLA) approach is used for aligning and merging matching segments of the 
frame. However, unlike conventional systems for stretching voiced segments, the temporal audio scaler further reduces 
perceivable periodic artifacts in the reconstructed signal by alternating the location of the segment to be used as a 
reference or template, such that the template is not always taken from the end of the segment. In particular, the template 
may be taken from the end of the frame, the beginning of the frame, or from within the frame. 

[0021] Further, in one embodiment, the temporal audio scaler also uses a variable window size, which is similar in 
size to the average pitch size computed for the cun-ent frame, in implementing the normalized cross con-elation for 
further reducing perceivable artifacts in the reconstructed signal. Finally, the template is positioned such that the mid- 
point of the transition window is located at a low-energy point of the wavefomn. This positioning of the template serves 
to further reduce perceivable artifacts in the reconstructed signal. Note that this stretching process is repeated as many 
times as necessary to achieve the desired level of stretching for the current frame. 

[0022] Stretching of unvoiced frames, i.e., silence, a-periodic noise, etc.. is handled in a significantly different manner. 
In particular, unlike the process for stretching voiced frames wherein repetition of one or more segments matching the 
template are used for increasing the length of the frame, it is important to avoid the introduction of periodicity. The 
reason is that human listeners are readily able to distinguish audible periodicity in such frames. Consequently, such 
periodicity will appear as signal artifacts in the reconstructed signal. Therefore, rather than adding segments that match 
the template, the current frame is instead modified by automatically generating a different signal of a desired length 
and having a power spectrum similar to the current frame. This generated signal is then inserted into the middle of the 
current frame using a windowing function to smooth the transition points between the original frame and the generated 
segment. Further, in a related embodiment, the energy of the generated segment is further reduced by a predetermined 
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percentage on the order of about 30% or so, for the purpose of further reducing any audible artifacts in the reconstructed 
signal. 

[0023] As noted above, nnlxed segments represent a combination of both voiced and unvoiced components. Con- 
sequently, neither the method for stretching voice segments, or unvoiced segments, is individually appropriate for 

5 stretching mixed segments. For example, using the method for processing voiced segments will introduce noticeable 
artifacts into portions of the frame thai are unvoiced, while using the method for processing unvoiced segments will 
destroy any existing periodicity in the frame. Consequently, in one embodiment, both methods are used. Specifically, 
signals are generated from the current mixed segment using both the voiced and unvoiced methods. These signals 
are then combined to produce a composite signal segment of the desired length that includes both of the signals created 

10 using the voiced and unvoiced methods. 

[0024] Further, in a related embodiment, the voiced and unvoiced signals that are generated as described above 
are weighted as a function of the value of the normalized cross correlation peak. For example, as discussed above, 
the value of the nonnalized cross correlation peak increases as the segment becomes more periodic, i.e., as there is 
more speech In the segment. Therefore, weighting the voiced signal more heavily in the case where the value of the 

15 normalized cross correlation peak is higher will improve the perceived quality of the speech in the stretched segment 
at the cost of some periodicity, and thus potentially some perceivable artifacts in the unvoiced portion of the stretched 
segment. Conversely, as the value of the nonmalized cross con-elation peak decreases, there is less periodicity in the 
segment. Therefore, the unvoiced signal is weighted more heavily, thereby improving the perceived quality of the 
unvoiced portions of the frame, at the cost of reducing the periodicity, and potentially the intelligibility of any voiced 

20 portions of the frame. 

[0025] In a tested embodiment, a linear weighting from 0 to 1 corresponding to a nonnalized cross correlation peak 
of .45 to .95, respectively was used to create a voiced component for the composite signal by generating a signal of 
the desired length using the voiced segment method described above. Similarly, a linear weighting from 1 to 0 corre- 
sponding to a normalized cross correlation peak of .45 to .95, respectively was used to create an unvoiced component 
for the composite signal by generating a signal of the same desired length using the unvoiced segment method de- 
scribed above. These two weighted signal components are then simply added to create the composite signal. 
[0026] Given the various frame types and stretching methods described above, there is still an issue of what point 
in the current frame is the best point to stretch that frame. For example, even within a relatively short frame, such as 
a 20 ms portion of the signal, there are often one or more transition points or even a few milliseconds of silence. In 
30 such cases, it is advantageous to select the specific point at which the frame is to be stretched. Therefore, in one 
embodiment, a stretching "quality" approach is used wherein a decision ot where to stretch within the frame is made 
based on a combination of the energy of segments within the frame (lower energy Is better), and the nonnalized cor- 
relation coefficient found for the segment with its match (the higher the better). 

[0027] For example, in a typical case, a 20 ms frame may be divided into 4 subframes or segments of 5 ms each. 
35 or alternately, into potentially overiapping subframes or segments having approximately the estimated pilch period. If 
the computed energy of a particular segment is sufficiently low, then a transition is said to exist within that segment. 
The lowest energy segment is then selected for stretching. However, if the energy is not sufficiently low, then it is 
unlikely that a transition exists in the frame, and the nonnalized autocorrelation of the match of each segment is used 
to select the best match to stretch. 
^ [0028] In general, compression of frames is handled in a similar manner as that described above for stretching of 
frames. For example, when compressing a frame, a template is selected from within the frame, and a search for a 
match is perfonned, as described above. Once the match is identified, the segments are windowed, overiapped and 
added. However, if the normalized cross-correlation is too small, then as noted above, the segment is likely an unvoiced 
segment. In this case, either a random or predetennined shift is used along with a windowing function such as a constant 
^5 square-sum window to compress the frame to the desired amount. 

[0029] Further, the selection of the particular segments within each frame to compress is an important consideration. 
For example, rather than compress all segments of a frame equally, better results are typically achieved by first deter- 
mining the type of segment, as described above, then selectively compressing particular segments of the frame. For 
example, compressing segments that represent speech, silence or simple noise, while avoiding compression of un- 
voiced segments or transients, produces a reconstructed signal having less perceivable artifacts. If sufficient compres- 
sion cannot be accomplished by compressing segments representing speech, silence or simple noise, then non-tran- 
sitional unvoiced segments are compressed in the manner described above. Finally, segments including transitions 
are compressed if sufficient compression can not be achieved through compression of the voiced segments or non- 
transitional unvoiced segments. This hierarchical approach to compression serves to limit perceivable artifacts in the 
reconstnjcted signal. Further, as described above, the "carry-over" process is also used to compress subsequent 
frames by greater amounts where the current frame is not compressed to the target compression ratio because of its 
content type. 

[0030] In view of the above summary, it is clear that the temporal audio scaler provides a unique system and method 
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for stretching and compressing frames of a received audio signal while minimizing perceivable artifacts In a recon- 
struction of that signal. In addition to the just described benefits, other advantages of the system and method for 
stretching and compressing audio signal segments will become apparent from the detailed description which follows 
hereinafter when taken in conjunction with the accompanying drawing figures. 

DESCRIPTION OF THE DRAWINGS 

[0031] The specific features, aspects, and advantages of the present invention will become better understood with 
regard to the following description, appended claims., and accompanying drawings where: 

FIG. 1 is a general system diagram depicting a general-purpose computing device constituting an exemplary sys- 
tem for stretching and compressing segments of an audio signal. 

FIG. 2 illustrates an exemplary architectural diagram showing exemplary program modules for stretching and com- 
is pressing segments of an audio signal. 

FIG. 3 illustrates an exemplary system flow diagram for stretching voiced segments of an audio signal. 
FIG. 4 illustrates an exemplary system flow diagram for stretching unvoiced segments of an audio signal. 
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FIG. 5 illustrates an exemplary system flow diagram of an alternate embodiment for stretching unvoiced segments 
of an audio signal. 

FIG. 6 illustrates an exemplary system flow diagram of an alternate embodiment for stretching unvoiced segments 
of an audio signal. 

FIG. 7 illustrates an exemplary system flow diagram for selection of segment origin points for minimizing audible 
changes resulting from stretching of an audio signal. 

30 DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

[0032] In the following description of the preferred embodiments of the present invention, reference is made to the 
accompanying drawings, which form a part hereof, and in which is shown by way of illustration specific embodiments 
in which the invention may be practiced. It is understood that other embodiments may be utilized and structural changes 
35 may be made without departing from the scope of the present invention. 

1.0 Exemplary Operating Environment: 



40 



45 



[0033] Figure 1 illustrates an example of a suitable computing system environment ICQ on which the invention may 
be implemented. The computing system environment 100 is only one example of a suitable computing environment 
and is not intended to suggest any limitation as to the scope of use or functionality of the invention. Neither should the 
computing environment 1 00 be interpreted as having any dependency or requirement relating to any one or combination 
of components illustrated in the exemplary operating environment 100. 

[0034] The invention is operational with numerous other general purpose or special purpose computing system en- 
vironments or configurations. Examples of well known computing systems, environments, and/or configurations that 
may be suitable for use with the invention include, but are not limited to. personal computers, server computers, hand- 
held, laptop or mobile computer or communications devices such as cell phones and PDA's, digital telephones, mul- 
tiprocessor systems, microprocessor-based systems, set top boxes, programmable consumer electronics, networi< 
PCs, minicomputers, mainframe computers, distributed computing environments that include any of the above systems 
50 or devices, and the like. 

[0035] The invention may be described in the general context of computer-executable Instructions, such as program 
modules, being executed by a computer. Generally, program modules include routines, programs, objects, components, 
data structures, etc., that perform particular tasks or implement particular abstract data types. The invention may also 
be practiced in distributed computing environments where tasks are performed by remote processing devices that are 
linked through a communications networi<. In a distributed computing environment, program modules may be located 
in both local and remote computer storage media including memory storage devices. With reference to Figure 1 , an 
exemplary system for implementing the invention includes a general-purpose computing device in the form of a com- 
puter 110. 
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[0036] Components of computer 110 may include, but are not limited to, a processing unit 120, a system memory 
130. and a system bus 121 that couples various system components including the system memory to the processing 
unit 120. The system bus 121 may be any of several types of bus structures including a memory bus or memory 
controller, a peripheral bus, and a local bus using any of a variety of bus architectures. By way of example, and not 
limitation, such architectures include Industry Standard Architecture (ISA) bus, Micro Channel Architecture (MCA) bus. 
Enhanced ISA (EISA) bus, Video Electronics Standards Association (VESA) local bus, and Peripheral Component 
Interconnect (PCI) bus also known as Mezzanine bus. 

[0037] Computer 1 1 0 typically includes a variety of computer readable media. Computer readable media can be any 
available media that can be accessed by computer 110 and includes both volatile and nonvolatile media, removable 
and non-removable media. By way of example, and not limitation, computer readable media may comprise computer 
storage media and communication media. Computer storage media includes volatile and nonvolatile removable and 
non-removable media implemented in any method or technology for storage of infomiation such as computer readable 
instructions, data structures, program modules, or other data. 

[0038] Computerstorage media includes, but is not limited to, RAM, ROM, EEPROM, flash memory, or other memory 
technology; CD-ROM. digital versatile disks (DVD), or other optical disk storage; magnetic cassettes, magnetic tape, 
magnetic disk storage, or other magnetic storage devices; or any other medium which can be used to store the desired 
infomnation and which can be accessed by computer 110. Communication media typically embodies computer readable 
instructions, data structures, program modules or other data in a modulated data signal such as a carrier wave or other 
transport mechanism and includes any information delivery media. The tenii "modulated data signal" means a signal 
that has one or more of its characteristics set or changed in such a manner as to encode information in the signal. By 
way of example, and not limitation, communication media includes wired media such as a wired network or direct-wired 
connection, and wireless media such as acoustic. RF, infrared, and other wireless media. Combinations of any of the 
above should also be included within the scope of computer readable media. 

[0039] The system memory 130 includes computer storage media in the fomi of volatile and/or nonvolatile memory 
such as read only memory (ROM) 131 and random access memory (RAM) 132, A basic input/output system 133 
(BIOS), containing the basic routines that help to transfer information between elements within computer 110, such as 
during start-up. is typically stored in ROM 131. RAM 132 typically contains data and/or program modules that are 
immediately accessible to and/or presently being operated on by processing unit 120. By way of example, and not 
limitation, Figure 1 illustrates operating system 134, application programs 135, other program modules 136 and pro- 
30 gram data 1 37. 

[0040] The computer 1 1 0 may also include other removable/non-removable, volatile/nonvolatile computer storage 
media. By way of example only, Figure 1 illustrates a hard disk drive 141 that reads from or writes to non-removable, 
nonvolatile magnetic media, a magnetic disk drive 151 that reads from or writes to a removable, nonvolatile magnetic 
disk 152^ and an optical disk drive 155 that reads from or writes to a removable, nonvolatile optical disk 156 such as 
a CD ROM or other optical media. Other removable/non-removable, volatile/nonvolatile computer storage media that 
can be used in the exemplary operating environment include, but are not limited to, magnetic tape cassettes, flash 
memory cards, digital versatile disks, digital video tape, solid state RAM, solid state ROM, and the like. The hard disk 
drive 141 is typically connected to the system bus 121 through a non-removable memory interface such as interface 
140. and magnetic disk drive 151 and optical disk drive 155 are typically connected to the system bus 121 by a remov- 
40 able memory interface, such as interface 150. 

[0041] The drives and their associated computer storage media discussed above and illustrated in Figure 1. provide 
storage of computer readable instructions, data structures, program modules and other data for the computer 110. In 
Figure 1, for example, hard disk drive 141 Is illustrated as storing operating system 144, application programs 145, 
other program modules 1 46. and program data 1 47. Note that these components can either be the same as or different 
from operating system 134. application programs 135, other program modules 136. and program data 137. Operating 
system 1 44, application programs 145. other program modules 1 46, and program data 147 are given different numbers 
here to illustrate that at a minimum, they are different copies. A user may enter commands and information into the 
computer 110 through input devices such as a keyboard 162 and pointing device 161, commonly refen-ed to as a 
mouse, trackball, or touch pad. 

[0042] In addition, the computer 110 may also include a speech input device, such as a microphone 1 98 or a micro- 
phone array, as well as and a loudspeaker 1 97 or other sound output device connected via an audio interface 199. 
Other input devices (not shown) may include a joystick, game pad, satellite dish, scanner, radio receiver, and a television 
or broadcast video receiver, or the like. These and other input devices are often connected to the processing unit 120 
through a user input interface 1 60 that is coupled to the system bus 121 . but may be connected by other interface and 
bus structures, such as, for example, a parallel port, game port, or a universal serial bus (USB). A monitor 191 or other 
type of display device is also connected to the system bus 121 via an interface, such as a video interface 190. In 
addition to the monitor, computers may also include other peripheral output devices such as a printer 1 96, which may 
be connected through an output peripheral interface 1 95. 



35 



45 



50 



55 



BNSDOCID: <EP 1515310A1 f > 



EP1 515 310 A1 



[0043] The computer 110 may operate in a networked environment using logical connections to one or more remote 
computers, such as a remote computer 1 80. The remote computer 1 80 may be a personal computer, a server a router, 
a network PC, a peer device, or other common network node, and typically includes many or all of the elements de- 
scribed above relative to the computer 1 1 0, although only a memory storage device 181 has been illustrated in Figure 
5 1 . The logical connections depicted in Figure 1 include a local area network (LAN) 1 71 and a wide area network (WAN) 
173, but may also include other networks. Such networking environments are commonplace in offices, enterprise-wide 
computer networks, intranets, and the Internet. 

[0044] When used in a LAN networking environment, the computer 110 is connected to the LAN 171 through a 
network interface or adapter 1 70. When used in a WAN networking environment, the computer 1 1 0 typically Includes 

10 a modem 1 72 or other means for establishing communications over the WAN 173, such as the Internet. The modem 
172, which may be internal or external, may be connected to the system bus 121 via the user input interface 160, or 
other appropriate mechanism. In a networked environment, program modules depicted relative to the computer 110, 
or portions thereof, may be stored in the remote memory storage device. By way of example, and not limitation, Figure 
1 Illustrates remote application programs 1 85 as residing on memory device 181.lt will be appreciated that the network 

IS connections shown are exemplary and other means of establishing a communications link between the computers 
may be used. 

[0045] The exemplary operating environment having now been discussed, the remaining part of this description will 
be devoted to a discussion of the program modules and processes embodying a "temporal audio scaler" for automat- 
ically stretching and compressing signal frames in a digital audio signal. 

20 

2.0 Introduction: 



25 



30 



35 



40 



[0046] The more traditional application of time-scale modification of audio signals is In slowing down or speeding up 
the overall time scale of a signal, many time to reduce listening time, or to Improve intelligibility. Besides that application, 
In the last few years time-scale modification of audio signals containing speech has also been used for improving the 
quality of signals transmitted across lossy and delay prone packet-based networks such as the Internet and then 
reconstnjcted on a client computer or receiver. For example, in many applications it is desirable to stretch or compress 
one or more frames of an audio signal containing speech. 

[0047] Typically, stretching is used for enhance intelligibility of speech in the signal, replacing lost, overly delayed, 
or noisy frames, or in de-jittering algorithms to provide additional time when waiting for delayed speech packets. Sim- 
ilarly, shortening or compression of the audio signal is typically used for reducing listening time, reducing transmission 
bitrate of a signal, speeding up frames of the signal to reduce overall transmission time, and reducing transmission 
delay so that the signal can be transmitted closer to real-time following some type of processing of the signal frames. 
In view of these uses, there is a clear need for a system and method for stretching and compression of speech that 
provides a high quality output while minimizing any perceivable artifacts in a reconstructed signal. 
[0048] To address this need for high quality audio stretching and compression, an adaptive "temporal audio scaler** 
is provided for automatically stretching and compressing frames of audio signals received across a packet-based 
network. The temporal audio scaler described herein provides a system and method for temporal scaling, including 
both stretching and compression, of audio signals. This temporal audio scaler is described in the following paragraphs. 
[0049] In general, the temporal audio scaler provides for localized time-scale modification of audio frames such as, 
for example, a section of speech In an audio signal. The approach described herein applies to both stretching and 
compressing frames of the signal. Further, the temporal audio scaler is capable of providing for variable stretching and 
compression of particular frames without the need to reference to adjacent frames, whk:h may be important in appli- 
cations where neighboring segments may be unavailable (or lost). Further, the variability of the stretching and com- 
pression provided by the temporal audio scaler allows for small variations of compression ratio from a desired ratio to 
be compensated for at the next frame while maintaining an overall average desired compression (or stretching) ratio 
by using a "cany over" technique, as described In Section 3.1, which variably stretches or compresses one or more 
subsequent frames to compensate for any out of average stretching or compression of the current frame. 

50 2.1 System Overview: 

[0050] As noted above, the temporal audio scaler provides tor stretching and compression of a particular frame (or 
segment) by first receiving or extracting the frame from the audio signal, modifying the temporal characteristics of the 
frame by either stretching or compressing that frame, determining whether the stretching or compression of the current 
frame is equal to a target stretching or compression ratio, and then adding the difference, if any, between actual and 
target stretching or compression ratios to the stretching or compression to be applied to the next frame or frames. 
[0051] Further, prior to stretching or compressing each frame, the temporal audio scaler first detennines the type of 
the cun^ent segment, and then applies a stretching or compression process that is specific to the Identified segment 
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type. For example, in an audio signal including speech, each segment of any particular frame will be either a "voiced" 
segment that includes speech or some other voiced utterance, an "unvoiced" segment which does not include any 
speech or other utterance, or a "mixed" segment which includes both voiced and unvoiced components. 
[0052] In order to achieve optimal results, the temporal audio scaler provides for variable stretching and compression 
that Is specifically targeted to the particular segment type being stretched or compressed. Consequently, once the 
particular type of segment is identified, i.e., voice, unvoiced, or mixed, the stretching or compression process specific 
to the particular segment type is applied to the segment frame for stretching or compressing the current frame as 
desired. Note that with each of the individualized methods for each frame type, the end of each frame is modified as 
little as possible, or not at all, in order to ensure a better transition to a yet-unknown speech segment 
[0053] In addition, given the various segment types and stretching methods described above, there is still an issue 
of what point in the current frame is the best point at which to stretch that frame. For example, even within a relatively 
short frame, such as a 20 ms portion of the signal , there are often one or more transition points or even a few milliseconds 
of silence. In such cases, it is advantageous to select the specific point at which the frame is to be stretched. Therefore, 
in one embodiment, a stretching "quality" approach is used wherein a decision of where to stretch is made based on 
a combination of the energy of each segment (lower energy is better), and the nomnalized correlation coefficient found 
for that segment with its match (the higher the better). 

[0054] For example, in a typical case, a 20 ms frame may be divided into 4 subframes or segments of 5 ms each, 
or altemately. into potentially overlapping subframes having approximately the estimated pitch period. If the computed 
energy of a particular sub-frame is sufficiently low, then a transition is said to exist within that frame. The lowest energy 
sub-frame is then selected for stretching. However, if the energy is not sufficiently low, then it Is unlikely that a transition 
exists in the frame, and the normalized autocorrelation of the match of each sub-frame is used to select the best match 
to stretch. 

10055] In general, compression of segments within a frame is handled in a similar manner as that described above 
for stretching of segments. For example, when compressing a segment, a template is selected from within the segment, 
and a search for a match is perfonned. Once the match is identified, the segments are windowed, overlapped and 
added. However, if the normalized cross-correlation is too small, then as noted above, the segment is likely an unvoiced 
segment. In this case, either a random or predetemiined shift is used along with a windowing function such as a constant 
square-sum window to compress the segment to the desired amount. 

[0056] Further, the selection of which particular segments to compress is also an important consideration. For ex- 
ample, ratherthan compressing all segments in a frame equally, beUer results are typically achieved by first determining 
the type of segment, as described above, then selectively compressing particular segments based on their type. For 
example, compressing segments that represent speech, silence or simple noise, while avoiding compression of un- 
voiced segments or transients, produces a reconstructed signal having less perceivable artifacts. Next^ if sufficient 
compression cannot be accomplished by compressing segments representing speech, silence or simple noise, then 
non-transitional unvoiced segments are compressed in the manner described above. Finally, segments including tran- 
sitions are compressed if sufficient compression can not be achieved through compression of the voiced segments or 
non-transitional unvoiced segments. Of course, if compression opportunities within each type cannot be computed in 
advance, the best segment to compress can be computed at each step. This hierarchical approach to compression 
serves to limit perceivable artifacts in the reconstructed signal. 

2.2 System Architecture: 



[0057] The processes summarized above are illustrated by the general system diagram of FIG. 2. In particular, the 
system diagram of FIG. 2 illustrates the interrelationships between program modules for implementing a temporal audio 
scaler for stretching and compressing frames of an audio signal. It should be noted that the boxes and interconnections 
between boxes that are represented by broken or dashed lines in FIG. 2 represent alternate embodiments of the 
temporal audio scaler described herein, and that any or all of these alternate embodiments, as described below, may 
be used in combination with other altemate embodiments that are described throughout this document. 
[0058] As illustrated by FIG, 2, a system and method for real-time stretching and compressing of frames of an audio 
signal begins by receiving an input signal via a signal input module 200. This signal input module 200 receives an 
audio signal, which may have just been produced, or may have been stored in the computer, or may have been decoded 
from a packetized audio signal transmitted across a packet-based network, such as, for example, the Intemet, or other 
packet-based network including conventional voice-based communications networks. As the signal input module 200 
receives or decodes the packets, they are provided to a frame extraction module 205. The frame extraction module 
55 205 then extracts a current frame from the incoming signal. 

[0059] In one embodiment, the frame extraction module 205 then provides the current frame to a pitch estimation 
module 210 for estimating the pitch period of either or both the entire frame, or of the segments within that frame. In 
this embodiment, segments are chosen to be approximately the length of the average pitch period of the frame. How- 
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ever, the actual segment length nnay also be chosen for efficiency of computation, e.g. , using smaller segments makes 
FFT computations easier. Further, as described in further detail in section 3.2, these pitch period-based segments may 
be overiapping. The segments comprising the current frame are then provided to a segment type detection module 215. 
[0060] Altemately, the frame extraction module 205 provides the current frame directty to the segment type detection 
module 215 which simply divides the frame into a number of segments of equal length. 

[0061] In either case, the segment type detection module 215 then makes a determination of the type of segments 
in the current frame, and provides the current frame to the appropriate stretching or compression module, 220, 225, 
230, or 240, respectively. In particular, the segment type detection module 215 first detennines whether the current 
frame includes voiced segments, unvoiced segments, or mixed segments. Where the frame is to be stretched, the 
segment type detection module then provides the current frame to either a voiced segment stretching module 220, an 
unvoiced segment stretching module 226, or a mixed segment stretching module 230. Where the current frame is to 
be compressed, the segment type detection module then provides the current frame to a segment compression module 
240. 

[0062] The voiced segment stretching module 220 operates as described in detail in Section 3.2.1 by using a win- 
dowed synchronous overlap-add (SOLA) approach for aligning and merging sections of the signal matching the tem- 
plate with the frame. However, unlike conventional systems for stretching voiced segments, the voiced segment stretch- 
ing module 220 of the temporal audio scaler further reduces perceivable periodic artifacts in the reconstructed signal 
by alternating the location of the segment to be used as a reference or template, such that the template is not always 
taken from the end of the segment as with conventional speech stretching algorithms. In particular, the template may 
be taken from the end of the frame, the beginning of the frame, or from various positions from within the frame. 
[0063] In contrast, the unvoiced segment stretching module 225 operates as described in detail in Section 3.2,2 for 
stretching the current segment or frame by generating one or more synthetic signal segments which are then inserted 
into the current segment or frame. In general, the synthetic segments are created in any desired length by synthesizing 
an aperiodic signal with a spectrum similar to the current frame. Furthemnore, it is desired that the synthesized signal 
be uncorrelated with the original frame so as to avoid the Introduction of periodicity into the synthesized signal. 
[0064] For example, in one embodiment, this is achieved by computing the Fourier transform of all or part of the 
current frame, depending upon whether single or multiple segments are to be Inserted, introducing a random rotation 
of the phase into the FFT coefficients, and then simply computing the inverse FFT for each segment. This produces 
signal segments with a similar spectrum, but no correlation with the original segment. In addition, longer signals can 
be obtained by zero-padding the signal before computing the FFT. These synthetic signals are then inserted into the 
middle of the current segment or frame using a windowing function to smooth the transition points between the original 
segment and the generated segment. 

[0065] The mixed segment stretching module 230 operates as described in detail in Section 3.3 by using a combi- 
nation of both the voiced and unvoiced methods described above. Specifically, signals are generated from the current 
mixed segment using both the voiced and unvoiced methods. These signals are then combined to produce a composite 
signal that includes both the voiced and unvoiced signals. In one embodiment, the components forming the composite 
signal are weighted, via a weighting module 235, relative to their proportional content of either voiced or unvoiced data, 
as detennined via the aforementioned normalized cross correlation peak. 

[0066] The segment compression module 240 operates as described in Section 3.4. In general, compression of 
segments is handled in a similar manner to that described above for stretching of segments. In particular, segment 
compression is handled on a frame or segment type basis as with the stretching of frames or segments described 
above. Note that for purposes of clarity in FIG. 2, segment compression is shown as a single program module entitled 
"segment compression module 240," rather than using three program modules to represent compression of the various 
segment types. However, it should be appreciated that as with stretching of the basic segment types, i.e.. voiced 
segments, unvoiced segments and mixed segments, compression of these same segment types is still handled using 
different methods that are specific to each segment type. 

[0067] In particular, when compressing a voiced segment, a template is selected from within the segment, and a 
search for a match is performed. Once the match is identified, the segments are windowed, overiapped and added, 
cutting out the signal between the template and the match. As a result, the segment is shortened, or compressed. In 
contrast, when compressing an unvoiced segment, either a random or predetermined shift is used along with a win- 
dowing function such as a constant square-sum window to compress the segment to the desired amount. Finally, mixed 
segments are compressed using a weighted combination of the voiced and unvoiced methods. However, as discussed 
in further detail in Section 3,4. there is a clear preferential order (voiced first, followed by unvoiced, followed by mixed 
segments) for compressing the various segment types for achieving the desired or target compression ratio over one 
or more frames. Note that as with stretching of frames, care is taken during compression of segments to avoid the 
modification of segment endpoints so that transients or audible artifacts are not introduced between frames or seg- 
ments. 

[0068] In each case, voiced, unvoiced, or mixed, the corresponding stretching or compression module, 220, 225, 
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230. or 240, respectively, then provides the stretched or compressed frames to a buffer of stretched and compressed 
frames 245. Note that a temporary frame buffer 250 is used In one embodiment to allow searching of the recent past 
in the signal for segments matching the current template. Once the stretched or compressed segments have been 
provided to the buffer of stretched and compressed frames 245. a decision 255 is made as to whether the desired or 

5 target stretching or compression has been achieved. If not, then the difference between the target stretching or com- 
pression is factored into the target compression for the nexl frame by simply adding the difference between the actual 
and target values to the next frame 260. In either case, at this point, a next frame is extracted 205 from the input signal, 
and the processes described above are repeated until the end of the input signal has been reached, or the process is 
terminated. In some applications, if no signal is readily available at the input, a frame may be selected from signal still 

10 present in the buffer 245. 

[0069] Note that the buffer of stretched and compressed frames 245 is available for playback or further processing, 
as desired. Consequently, in one embodiment, a signal output module 270 is provided for Interfacing with an appllcatiori 
for outputting the stretched and compressed frames. For example, such frames may be played for a listener as a part 
of a voice-based communications system. 
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3.0 operation Overview: 

[0070] The above-described program modules are employed in a temporal audio scaler for providing automatic tem- 
poral scaling of segments of an audio file. In general, as summarized above, this temporal scaling provides for variable 
stretching and compression that may be perfomied on segments as small as a single signal frame. The variability of 
the stretching and compression provided by the temporal audio scaler allows for small variations of compression ratio 
from a desired ratio to be compensated for at the next frame while maintaining an overall average desired compression 
(or stretching) ratio using a "carry over" technique. The following sections provide a detailed operational discussion of 
exemplary methods for implementing the program modules described in Section 2. 

3.1 Carry-over for Maintaining a Target Compression/Stretching Ratio: 

[0071] As noted.above, the temporal audio scaler uses a "carry over" process for variable compression or stretching 
of frames while maintaining a desired compression/stretching ratio for the signal as a whole. For example, if a target 
compression ratio is 2:1 for a particular signal, and each input frame has 300 samples, each target output frame will 
nominally have 150 samples. However, if a particular frame is compressed to 1B0 samples instead of 150 samples, 
for example, then the extra 30 samples are compensated for in the next frame by setting its target compression to 120 
samples. Consequently, with block sizes of 1 80 and 1 20, the average block size is still 150, with an average compression 
ratio of 2:1. Note that depending upon the content (i.e.. the segment type) of that next frame, compression to 120 
samples may not provide optimal results. Consequently, the 120 sample example is only a target, with the actual 
compressionj-or stretching, being used to set the target compression or stretching of the subsequent frame so as to 
ensure the desired average. 

[0072] Therefore, more than one subsequent frame may be stretched or compressed to maintain the desired average. 
For instance, using the abbve example, if the frame following the frame that was compressed to 1 80 samples is com- 
pressed to 130 samples, then the target compression for the next frame is a target compression of 140 samples in 
order to provide an average of 1 50 samples over the three frames. Through use of this carry over technique any desired 
compression (or stretching) ratio is maintained, while keeping only a loose requirement on the length of any particular 
output frame. 

[0073] The result of this carry over technique is that compensation for lost or delayed packets through stretching or 
compression is extremely flexible as each individual frame is optimally stretched or compressed, as needed, for min- 
imizing any perceivable artifacts in the reconstructed signal. This capability of the temporal audio scaler complements 
a number of applications such as. for example, de-jittering, and packet loss concealment in a real-time communications 
system. 

3.2 Content-Based Stretching of Segments: 

[0074] As noted above, prior to stretching or compressing each frame, the temporal audio scaler first determines the 
type of the current frame, and then applies a frame-type specific stretching or compression process to the current 
frame. For example, in an audio signal including speech, each frame will be either a "voiced" frame that includes speech 
or some other voiced utterance, an "unvoiced" frame which does not include any speech or other utterance, or a "mixed" 
frame which includes both voiced and unvoiced components. In order to achieve optimal results, the temporal audio 
scaler provides for variable stretching and compression that is specifically targeted to the particular frame type being 
stretched or compressed. Consequently, separate unique stretching and compression methods are applied to each 
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type of frame, i.e., voice, unvoiced, or mixed. 

[0075] Therefore, the determination as to whether that frame is voiced, unvoiced, or mixed Is made prior to stretching 
or compressing the current frame. In making this determination, the natural periodicity of human speech Is a useful 
guide. In general, this determination as to segment type is made as a function of how closely potentially periodic 
sections of the signal match. For example, in stretching or compressing a particular sample of an audio signal which 
has not yet been played, the first step Is to select a smaller segment or sub-sample from the sample to be stretched 
or compressed. This sub-sample is referred to as a "template" since the next step is to find a similar or matching nearby 
segment In the signal. Note that the matching segment may either be within the sample being compressed, or may be 
within the previously played segment. Consequently, whenever available, the most recently played segment Is main- 
tained in a temporary buffer for purposes of locating matching segments. The search for the segment matching the 
template is done using a conventional signal matching technique, such as, for example, a normalized cross correlation 
measure or similar technique. Further, the search range is preferably limited to a range compatible with the "pitch" of 
the signal. 

[0076] As Is well known to those skilled In the art, voiced sounds such as speech are produced by an oscillation of 
the vocal cords that modulates airflow Into quasi-periodic pulses which excite resonances in the vocal tract. The rate 
of these pulses Is generally called the fundamental frequency or "pitch." In general, the periodicity, or "pitch period" of 
a voiced audio segment represents the time between the largest magnitude positive or negative peaks in a time domain 
representation of the voiced audio segment. Although speech signals are not actually perfectly periodic, the estimated 
pitch frequency and its reciprocal, the pitch period, are still very useful in modeling the speech signal. Note that the 
reminder of the discussion makes reference to both pitch and pitch period. There are highly elaborate methods for 
detemiining pitch. However, as these concepts are well known to those skilled the art, the determination of pitch and 
pitch period described herein will be a basic one, based simply on finding the peak of cross correlation. 
[0077] Consequently, portions of the signal having voiced segments will naturally have a higher periodicity as a result 
of the pitch or periodicity of human speech or utterances. Therefore, the strength of the peak of the normalized cross 
correlation provides insight into whether a particular segment Is voiced, unvoiced, or mixed, while the location of the 
peak provides an estimate of the actual value of the pitch period. For examjDle, as a segment contains more speech, 
the nomiallzed cross correlation peak will Increase, and as a segment contains less speech, there will typically be less 
periodicity in the signal, resulting In a smaller normalized cross correlation peak. 

[0078] The value of the peak of the normalized cross coa-elatlon Is compared to predetermined thresholds for deter- 
mining whether particular segments are voiced segments, unvoiced segments, or a mixture of voiced and unvoiced 
segments, i.e., a mixed segment. In a tested embodiment, peak values between about .4 and about .95 were used to 
identify mixed segments, peak values greater than about .95 were used to identify voiced segments, and peak values 
less than about .4 were used to Identity unvoiced segments. Once the particular type of segment is identified, a seg- 
ment-type specific stretching or compression process is applied to the cun-ent frame for stretching or compressing that 
frame as desired. In another tested embodiment, no frames were classified as mixed, and the threshold between voiced 
and unvoiced frames was set at .65. 

3.2.1 Stretching Voiced Segments: 

[0079] When stretching voiced segments in a frame, a windowed overlap-add (SOLA) approach is used for aligning 
and merging matching portions of the segment. In general, a window is divided up In a raising part, wa[n], and a 
decaying part, wb[n]. The overlapping signals are then multiplied by these windows to smooth the transition. More 
specifically, the signal extending to the past will be multiplied by the decaying window, while the signal extending to 
the future will be multiplied by the rising window. Further, because the aligned signals are correlated, a conventional 
window, such as. for example, a Manning window which goes to zero and sums to one when added, i.e., wa[n)+wb[n] 
=1 , may be used here for eliminating or reducing artifacts at the boundaries of stretched portions of a frame. Such 
windows are well known to those skilled in the art. 

[0080] However, unlike conventional systems for stretching voiced segments, the temporal audio scaler further re- 
duces perceivable periodic artifacts In the reconstructed signal by alternating the location of the segment to be used 
as a reference or template, such that the template is not always taken from the end of the segment as with conventional 
speech stretching algorithms. In particular, the template may be taken from the end of the frame, the beginning of the 
frame, or at various positions from within the frame. For example, in one embodiment the template is positioned such 
that the midpoint of the transition window Is located at a low-energy point of the wavefonn. This positioning of the 
template serves to further reduce perceivable artifacts in the reconstructed signal. Note that this stretching process is 
repeated as many times as necessary to achieve the desired level of stretching for the current frame. 
[0081] In a tested embodiment, as illustrated by FIG. 3, an initial estimate of the pitch is used to estimate how many 
times the segment needs to be stretched (or compressed) in order to achieve the desired length. In particular each 
iteration will compress or stretch the signal by approximately one pitch period, so a good estimate Is of the number of 
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iterations, K , is provided by Equation 1 , as follows: 

K = I /W- A/1/Pq Equation 1 

where Po Is the initial pitch estimate of the current segment. The templates are then unifonnly distributed over the 
segment to be stretched. Further, if past history of the signal Is available, the match is searched for in the region before 
the template. Alternately, if no past history is available, the search for a match will be done either before or after the 
current segment, depending upon where more data is available. 

[0082] Specifically, as illustrated by FIG. 3, the process begins by getting a next current frame 300 from the 
incoming audio signal. Then, an initial pitch estimate is computed 310 for the using conventional methods. In one 
embodiment, this Initial pitch estimate for the cun-ent frame is simply the average pitch of the received frames. 
[0083] Next, the number of iterations needed for stretching the signal is estimated 320 as a function of the initial 
pitch estimate, p©, the current segment size, and the desired frame size. For example, because each iteration will 
stretch or compress the signal by approximately one pitch period, the number of iterations can be easily estimated 
using a method such as that offered by Equation 1 , for example. Clearly, by dividing the difference between the current 
segment size and the desired size, and dividing by the estimated pitch size, the result is a good estimate for the number 
of iterations needed to stretch or compress the segment to the desired size. 

[0084] Once the number of iterations has been estimated 320, an iteration counter, /, is initialized to zero 330. The 
pitch p is then estimated 340, again using conventional techniques, for a smaller portion of the current segment, i.e., 
a sub-segment or sub-frame, at a current sample location, s[/], within the current segment. A conventional windowed 
overlap-add (SOLA) approach 350 is then used to slide the template by the pitch period, overlap the template, and 
add to the segment to stretch the segment by the length of the pitch period of the segment at position sf/]. 
[0085] A determination is then made 360 as to whether the desired segment size has been achieved. If the desired 
size has not been reached 360, then the position of the current sample location, s[/|, is adjusted as a function of the 
number of iterations, K, and the steps described above for estimating the pitch, p, 340 and windowing the 350 to stretch 
the segment are repeated until the desired segment size has been achieved 360. Finally, once the desired size has 
been reached 360. then the stretched frame is output 380 to a buffer of stretched frames 390 for playback or use, as 
desired. Further a determination is also made at this time as to whether there are more frames to process 395. If there 
are no more frames to process 395, then the process terminates. However, if there are more frames to process 395, 
then a next current frame is retrieved 300, and the steps described above^ 310 through 395 repeat. 
[0086] Further, when selecting templates from the end of the frame, matching of the template is accomplished as 
with most conventional speech stretching systems by searching in the past, i.e., by searching earlier in the signal, for 
matching segments. Therefore, in this case, it may be necessary to maintain a buffer of one or more already played 
frames, depending upon frame and template length. The matching segments are then aligned and merged using con- 
ventional techniques, as described with respect to step 350, thereby stretching the length of the current frame. 
[0087] Allernalely, unlike conventional speech stretching systems, the temporal audio scaler is also capable of draw- 
ing templates from the beginning of a frame. In this case, it may be necessary to search in the future, i.e., later in the 
signal, for matching segments, especially if the past frame is not available. Consequently, in such a case, it may be 
necessary to have buffered frames with a delay to allow for stretching of the current frame prior to playing that frame 
by searching into the local future of the signal for segments matching the current template. This can be accomplished 
by requiring the frame size to be long enough as to contain several pitch periods. 

[0088] Further, also unlike conventional speech stretching systems, in addition to selecting templates from either the 
beginning or the end of the frame, templates may also be selected from locations within the frame somewhere between 
the beginning and the end of the current frame. In this case, matches to the templates are identified by searching either 
into the past or future, as described above, depending upon the location of the selected template within the current 
frame. 

[0089] In one embodiment, selection of the template location is alternated to minimize the introduction of perceivable 
artifacts resulting from too much uniform periodicity at any point within the current frame. This capability becomes 
especially important as the amount of stretching to be applied to any given frame increases beyond more than a few 
pitch periods. In fact, because more than one stretching operation may be required to achieve the desired frame length 
for any given frame, different templates may be selected for each operation within the current frame for repeated 
stretching operations, in the manner described above, so that periodicity at any given point does not result in noticeable 
artifacts. 

[0090] Further, in one embodiment, the temporal audio scaler also uses a variable segment size, which is similar in 
size to the average pitch period computed for the current frame. Further, in a related embodiment, the number of 
stretching iterations is then estimated by dividing the desired or target length of stretching for the current frame by the 
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average estimated pitch period for the current frame, and then rounding up to the next whole number. In this embod- 
iment, the current frame Is then divided into a number of templates equal to the estimated number of stretching itera- 
tions, with each template having a size equal to the average estimated pitch period. These templates are then equally 
spaced throughout the current frame. As a result, the templates may be overlapping, depending upon the template 
length, the number of templates, and the frame length. 

[0091] In a related embodiment, to ensure anifacts are minimized in the stretching operation, energy within each 
template is minimized by ensuring that the templates are positioned within the frame such that each template includes 
only one local signal peak. In particular templates are positioned approximately uniformly within the frame such that 
any local signal peak within any particular template is around approximately 1/3 to 1/2 or so of the length of the template 
from either edge of the template. Such positioning of the templates within the frame serves to ensure that each template 
will encompass only one local signal peak. As a result, the energy of the signal encompassed by each template is 
minimized, thereby allowing for stretching with reduced artifacts in the stretched signal. 

3.2.2 Stretching Unvoiced Segments: 



[0092] Stretching of unvoiced segments, i.e., silence, noise, other aperiodic sounds, etc. is handled in a significantly 
different manner In particular, unlike the process for stretching voiced segments wherein repetition of one or more 
segments matching the template are used for increasing the length of the segment, herein it is important to avoid the 
introduction of periodicity. The reason is that human listeners are readily able to identify artificially introduced periodicity 
in such segments, and such periodicity will appear as signal artifacts in the reconstructed stretched signal. Conse- 
quently, rather than adding segments that match the template, the current segment is instead modified by generating 
a different signal segment of a desired length and having a power spectrum similar to the current segment. This gen- 
erated signal is then inserted into the middle of the current segment using a windowing function to smooth the transition 
points between the original segment and the generated segment. Further, in a related embodiment, the energy of the 
generated segment is further reduced by a predetemiined percentage on the order of about 30% or so, for the purpose 
of further reducing any noticeable artifacts in the reconstructed signal. 
[0093] In still another related embodiment, ratherthan using a single synthetic segment to stretch an unvoiced frame, 
multiple synthetic segments are generated and inserted into various points within the original unvoiced frame to achieve 
the total desired frame length. This embodiment also offers the advantage that smaller synthetic segments can be 
30 computed using smaller FFT's. and thus may require reduced computational overtiead. Note that this embodiment 
appears to produce perceptually superior stretched frames in comparison to using a single longer synthetic signal 
segment. In this embodiment, various segments of the frame are stretched, or compressed, equally. For example, in 
a tested embodiment, the size of the FFT is set to a predefined length such as, for example, 128 samples. 
[0094] The number of overlapping segments that will be needed to obtain the desired final size is then computed. 
35 Note that this computation should consider the fact that it is undesirable to modify either the beginning or the end of 
the frame. This can be achieved by not changing the first and last segments, then simply blending in and out (overlap/ 
add) the neighboring (possibly synthesized) segments. Consequently, the first and last half-segments of the frame are 
subtracted from the frame length in computing the number of synthetic segments to be computed. Therefore, the 
number of equal sized synthetic segments n (and thus the number of original segments in the current frame) is thus 
^ easily computed by Equation 2 as follows: 

~ FFT^Size Equation 2 



The n computed synthetic segments are then uniformly spread across the frame by inserting a segment Into the center 
of each of the n segments of the frame. 

[0095] In either case, the synthetic signal segments are created to have a similar power spectmm to the current 
frame. This can be accomplished by computing the Fourier transfonn of all or part of the current frame, depending 
upon whether single or multiple segments are to be inserted, introducing a random rotation of the phase into the FFT 
coefficients, and then simply computing the inverse FFT for each segment This produces signal segments with a 
similar spectrum, but no con-elation with the original segment. In addition, longer signals can be obtained by zero- 
padding the signal before computing the FFT. 

[0096] Note that the example provided above is not intended to limit the scope of the temporal audio scaler to the 
particular embodiment described with respect to creation of synthetic segments. In fact, those skilled in the art should 
appreciate that there are many conventional techniques for producing a signal having a spectrum similar, and uncor- 
related. to the original signal. Any such technique, including, for example, LPC filtering of a random signal, and other 
conventional techniques may also be used for the creation of such synthetic signal segments. 
[0097] As noted above, the current frame is then split, either in two, or into multiple sections, and the synthesized 
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segments are then simply inserted into the split portions of the frame, with windowing and overlapping to smooth the 
transitions between the synthetic segments and the original frame. Note that in either of the aforementioned embodi- 
ments, the beginning and end of the segment or frame is left completely unchanged. As a result, this process avoids 
the creation of artifacts that might othenwise result from non-matching frame or segment boundaries. 

5 [0098] Further, unlike the windowing used for voiced segments, a preferred overlapping smoothing window used is 
different here. For example, while the overlapping portions of the signal used for stretching the voiced segments are 
correlated, the overlapping portions of the signal in the invoiced case are theoretically uncorrelaled. Therefore, better 
results, i.e., reduced artifacts, are achieved at boundary points by using a window such as a conventional sine widow 
which keeps the energy constant and sums to one when squared and added, i.e., {wa[n])2+(wb[n])2=:i . Such windows 

*o are well known to those skilled in the art. This process is generally represented by steps 400 through 480 of FIG. 4. 
[0099] In particular, as illustrated by FIG. 4, one embodiment for creating synthetic signal segments from a current 
signal frame begins by getting a next current frame x[n] 400 from the incoming audio signal. Next, in one embodiment, 
the current frame, or segment, x[n], is zero padded 410 so that the resulting synthetic segment will be of sufficient 
length to achieve the desired frame length. In particular, the amount of zero padding 41 0 in this embodiment is deter- 

15 mined by simply padding x[n] with a number of zeros equal to the difference in samples between the current frame or 
segment length, and the desired frame or segment length. 

[0100] Next, given x[n], whether or not it has been zero padded 410. the FFT is computed 420. The phase of this 

FFT is then randomized 430. Next, the inverse FFT. y[n], is computed 440 from this FFT having the randomized phase. 

The result of this process, steps 420 through 440, is a synthetic frame or segment, y[nl having a similar spectrum, but 
20 no correlation with the original segment, x[n]. The original (non-zero padded) frame or segment x[n] is then split into 

two parts, and y[n] is inserted between those two parts, and seamlessly added using the aforementioned conventional 

overlap/add process 450, such as, for example, a conventional sine widow to create a stretched frame. 

[0101] The stretched frame is then output 460 to a buffer of stretched frames 470 for playback or use, as desired. 

Further, a detemrii nation is also made at this time as to whether there are more frames to process 480. If there are no 
25 more frames to process 480, then the process temriinates. However, if there are more frames to process 480, then a 

next cun-ent frame is retrieved 400, and the steps described above, 410 through 480 repeat. 

[0102] In the aforementioned embodiment using multiple synthetic segments for stretching the frame, the synthetic 
segments were all of equal length and uniformly distributed. However, in a related embodiment, those parts of the 
frame exhibiting lower energy are stretched more than those parts of the frame having higher energy rather than using 
30 a simple uniform distribution. This embodiment serves to further reduce artifacts. However, even this embodiment, 
while superior to the previous embodiment, may change the signal more than desired, thus resulting in audible differ- 
ences that may be perceived by the listener 

[0103] Consequently, in yet another related embodiment the amount of data which is modified from the original 
content is reduced. As a result, the partially synthetic signal frame or segment that is produced is perceptually more 

35 similar to the original signal to a human listener. In particular, in this embodiment, rather then simply creating a number 
of synthetic segments, a mix of synthetic and copied original segments are used in a way that preserves as much of 
the original signal as possible, while minimizing perceivable artifacts in the stretched segments or frames. 
[0104] For example: in another embodiment, as illustrated by FIG. 5, rather than working directly with the entire 
current frame x[n] , the process described with respect to FIG. 4 is modified to produce a smaller FFT, with more localized 

^ spectral Information in order to avoid potentially stretching transients that can result in noticeable artifacts. In particular, 
in this embodiment, creating synthetic signal segments from a current signal frame again begins by getting a next 
current frame x[h\ 500 from the incoming audio signal. However, instead of creating a single synthetic segment, a 
number of smaller synthetic segments are created and inserted via the aforementioned overlap/add process. Specif- 
ically, to ensure a smoother transition between the preceding frame and the partially synthesized frame that will be 

45 produced, this process starts by first windowing the current frame x[n] for blending original data into the start of what 
will become the partially synthesized frame y[n] 505. One method for accomplishing this windowing and blending is 
illustrated by Equation 3: 



so 



y[^ :M\=0^, y[1 :K]=xt1 :K].iv[K+1 :2K] Equation 3 



where Mis the desired segment size, A/ is the current segment size, the FFT size is 2K, and i4{n] is the blending window 
used. Note also that the first part of Equation 3 simply initializes y[n], for future use (e.g., in Equation 7). 
[0105] Next, the total number, 7, of overtapping segments, each of length 2K samples, that will be needed to obtain 
55 the desired final segment size, not counting the first and last half-segments is computed 510. In general, this compu- 
tation 510 is accomplished as illustrated by Equation 4: 
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' Desired Segmenl Size x 2 ^ 
FFTSize 



— 1; or simply, T = 



— 1 Equation 4 



[0106] Nexl, an overlapping segmenl counler, /, is inllialized lo zero 515. Then, a starting point s in the original data. 
I.e., x[n], and a corresponding sub-segment, 2[n], of A[n] which begins at point s Is computed as illustrated by Equat 
5A and 5B: 



ion 



s = round(K + h(N- 2K)/{ 7-1 )) Equation 5A 

z[1:2K]=x[(s+1):(s+2K)] Equation SB 

15 

[01 07] Next, 4ril is multiplied by a smoothing window, v[n], and the FFT of the smoothed sub-segment is computed 
525 as illustrated by Equation 6: 

20 Z[w]=ffT{v[n]'2[n]] Equation 6 

At this point, the phase of the resulting FFT, Z[w], Is then randomized 530, scaled to compensate for the smoothing 
window gam (e.g.. 2 for a sine window), and the inverse FFT. u[n]. Is computed 535 from 2[iv] to create a synthetic 
sub-segment having a similar spectrum, but no correlation with the original segment, 4n]. The newly synthesized signal 
25 sub- segment. u[n] . Is then inserted into the original signal at position s, and seamlessly added using the aforementioned 
conventional overlap/add process 540, such as, for example, a conventional sine widow to create a partially stretched 
frame, as illustrated by Equation 7: 

30 M(>*/f+1):(/ /f+2/0]=>l(/./c+1):(/./f+2K)]+iv[1:2/q.u[1^ Equation 7 

[0108] At this point, the overlapping segment counter, /, Is incremented 545. a determination is made as to whether 
the total number, T, of overlapping segments to obtain the desired final segment size have been Inserted 550 It more 
overlapping segments need lo be computed 550. then the steps described above. 520 through 550 are repealed until 
35 all overlapping segments have been computed and inserted into x[n] to create the partially synthesized stretched 
segment y[n]. Finally, once all overlapping segments have been computed and inserted to create y[n], to ensure a 
smoother transition between y[n] and the next frame, the process ends by windowing the partially synthesized frame 
y[n] with original data from x[n] into the end of the frame y[n] 555. One method for accomplishing this windowing and 
blending is illustrated by Equation 8: 



y[(/.^+1):(/./f+K)]= 

y[(A/f+1):(/./f+K)]+w[1:>C].x[(M-/C-i-1):Ml Equation 8 

[01 09] The embodiment described above computes sub-segments for insertion and windowing into the original signal 
frame or segment. However, the computed sub-segments are distributed evenly over the original signal frame without 
consideration as to the content or particular samples in the original signal frame. Consequently, in a related embodiment 
as Illustrated by FIG. 6, the process described above with respect to FIG. 5 is further improved by first selecting specific 
points within the frame or segment to be stretched rather than simply stretching uniformly throughout the original seg- 
ment. Further, this embodiment also makes a detennination as to whether randomization of the phase of the computed 
FFT is appropriate for each sub-segment, or whether each sub-segment can be used unmodified in the overlap/add 
operation for stretching the original signal segment or frame. 

[0110] Consequently, in the embodiment Illustrated by FIG. 6, the process again begins by getting a next current 
frame x[n] 600 from the incoming audio signal. However, unlike the embodiment described above, that current frame 
is then analyzed to select 605 the best Tstarting points, s[1 iT] at which to stretch the current frame. Note that selection 
of the best Tstarting points is described in detail in Section 3.2.3 with respect to FIG. 7. Given these points at which 
the frame is to be stretched, the process of FIG. 6 proceeds in a similar fashion to the process described above with 
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respect to FIG. 5, with some further differences that will be highlighted below. 

[0111] In particular, following selection of the starting points, s[1 :71 605, to ensure a smoother transition between 
the preceding frame and the partially synthesized frame that will be produced, this process also starts by first windowing 
and blending the current frame x[n] for blending original data into the start of what wil I become the partially synthesized 
frame y[n] 610. One method for accomplishing this windowing and blending is illustrated by Equation 3, as described 
above. Next, the total number, T, of overlapping segments, each of length 2K' samples, that will be needed to obtain 
the desired final segment size, and not counting the first and last half-segments, is computed 615. In general, this 
computation 615 is accomplished as illustrated by Equation 4, as described above. 

[0112] Next, an overlapping segment counter, /, is initialized to zero 620. Then, given the pre-selected starting points, 
s[/], the sub-segment z[n] corresponding to the current starting point is retrieved from the current signal frame x(n] as 
illustrated by Equation 9: 

s=s[/l; z[^:2K]=x[(s+^):{$+2K)] Equation 9 



[0113] Then, a determination 630 is made as to whether the current sub-segment is to be synthesized. In other 
words, a detemnination 630 is made as to whether the FFT of the current sub-segment is to have its phase randomized 
as described above. This detemiination 630 is made as a function of the current and neighboring segment starting 
points, as described in further detail below and in Section 3.2.3 with respect to FIG. 7. More precisely, if the distance 
between the starting point of the current frame s[/], and that of the previous frame sf/-1l is K, then it is not necessary 
to randomize sfZ+l). This is because the new and old frames have the same spacing in the original and stretched 
frames, and therefore the signal can be preserved. Furthennore, if last unmodified frame was j, and ^i\-^)>2K\X is 
not necessary to randomize the frame starting at s[/], because there will be no repetition of signal. A smaller threshold 
than 2Kcan also be used (e.g.. K was used in one embodiment). If it is decided 630 to randomize the phase, then the 
current sub-segment z[nl is multiplied by a smoothing window, vtnj, and the FFT of the smoothed sub-segment is 
computed 635 as illustrated by Equation 6. as described above. 

[0114] At this point, similar to what was described above, the phase of the resulting FFT, Z[w\, is then randomized 
640, and the inverse FFT, u[n], is computed 645 from Z[w\ to create a synthetic sub-segment having a similar spectrum, 
but no correlation with the original segment, z[n]. The newly synthesized signal sub- segment, u[nl is then inserted 
into the original signal at position s, and seamlessly added using the aforementioned conventional overiap/add process 
650. such as, for example, a conventional sine widow to create a partially stretched frame, as illustrated by Equation 
7, as described above. 

[0115] Alternately, in the case where it is detennined 630 that the FFT of the current sub-segment is not to have its 
phase randomized as described above, then 2[n] is simply passed as 2[n] without modification for insertion Into the 
original signal at position s using the aforementioned conventional overlap/add process 650, as described above. 
Further, it should be noted where particular segments are not modified, different blending windows at step 650 may 
be appropriate. In particular, if neither the current nor the previous sub-segment segment has been modified, then a 
different blending window (e.g., a Harnming window instead of a sine window) is used. The reason is that the unmodified 
sub-segments of the signal will actually be correlated in this case. Consequently, the window used should be such that 
wa[n]+wb[n]=1 instead of (wa[n))2+(wb[n])2=i , as described above. This choice of window is the one that will preserve 
the energy of the signal. 

[0116] Further, it should be noted that blending of unmodified sub-segments with the original signal is the same as 
blending a signal with itself. Therefore, the resulting sub-segment will be identical to the corresponding portion of the 
original segment. Therefore, in one embodiment, rather than performing the blending operation, for segments that are 
^5 not modified, the corresponding segment is simply copied from the original signal. 

[0117] At this point, as with the example described with respect to FIG. 5, the overlapping segment counter, i. is 
incremented 660, and a detemnination is made as to whether the total number, T, of overiapping segments to obtain 
the desired final segment size have been inserted 665. If more overlapping segments need to be computed 665, then 
the steps described above, 625 through 650 are repeated until all overiapping segments have been computed and 
inserted into x[n] to create the partially synthesized stretched segment y[n]. Finally, once all overlapping segments 
have been computed and inserted to create y[n]. to ensure a smoother transition between y[n] and the next frame, the 
process ends by windowing the partially synthesized frame y[n] with original data from x[n] into the end of the frarrie y 
[n] 670. One method for accomplishing this windowing and blending is illustrated by Equation 8, as described above. 

55 3.2.3 Selection of Segments to Stretch: 

[01 1 8] Given the various segment types and stretching methods described above, there is still an issue of what point 
in the current frame is the best point to stretch that frame. For example, even within a relatively short frame, such as 
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a 20 ms segment of the signal, there are often one or more transition points or even a few milliseconds of silence. In 
such cases, it is advantageous to select the specific point at which the frame is to be stretched. Therefore, in one 
embodiment, a stretching "quality" approach is used wherein a decision of where to stretch is made based on a com- 
bination of the energy of the segment (lower energy is better), and the nonmalized correlation coefficient found for that 
segment with its match (higher is better). 

[0119] For example, in a typical case, a 20 ms frame may be divided into 4 subframes or segments of 5 ms each, 
or allernately, inlo potentially overlapping segments having approximately the estimated pilch period. If the computed 
energy of a particular sub-frame is sufficiently low, then a transition is said to exist within that frame. The lowest energy 
sub-frame is then selected for stretching. However, if the energy is not sufficiently low, then it is unlikely that a transition 
exists in the frame, and the normalized autocon-elation of the match of each sub-frame is used to select the best match 
to stretch. 

[0120] For example, one embodiment for selection of segments to stretch is illustrated by FIG. 7. In general, in order 
to preserve more of the original signal, it is best to have as many starting points as possible be K{].e., F FT/2) samples 
apart. Given this observation, FIG. 7 illustrates one exemplary procedure for determining the starting points. The first 
step is select initial starting points at points that are FFT/2 samples apart. As many new points as needed are then 
inserted between existing points, one at a time. The new points are inserted in the lowest energy segments. Further, 
in one embodiment, to account for segments of different lengths, the average energy of each segment is weighted to 
favor splitting longer segments. In one embodiment, the segments are weighted by the square root of the segment 
size. However any conventional weighting may be used. In the final distribution, many points will still be FFT/2 apart. 
These segments (more likely the high energy segments), do not need to be modified. 

[0121] In particular, as illustrated by FIG. 7, in selecting the best points for stretching the current signal frame, the 
process begins by detemiining a total number of internal segments Tin a desired frame size, /If, (r=(/M/K)-1)), and a 
total number of internal segments P in the original frame size, N, (P=(/Wf/K)-1)). At this time, a point counter Pt is set 
to P+1 720. Next, the average energy E(/) of each sub-segment is computed 730 as illustrated by Equation 10: 

E(i) = avg{x{s[i]:slM]f) Equation 10 

[0122] Next, in one embodiment, the average energy E(i) of each sub-segment is then weighted 740 in proportion 
to each sub-segments length. As noted above, in a tested embodiment, the segments were weighted by the square 
root of the segment size 740, as illustrated by Equation 11 : 



^^'^ h r- \^ r-r . Equation 1 1 

However, as noted above, any conventional weighting method may be used to weight the energy values. 
[0123] Once weighted 740, the average energy values E(i) are examined to select a segment s[/] having the lowest 
energy value 750. As noted above, these lowest energy segments are then split into two, with a new starting point s 
[Pt\ for stretching the current frame being located at the split point as illustrated by Equation 12: 



s[R]={s[y>s[y+1])/2 Equation 12 

In one embodiment, s[t] is then sorted 770 by energy value for purposes of simplifying notation. For example, assuming 
that there are four current points, say s[1 :4] = {64, 128, 192, 256}, and a new point is introduced between s[3] and s 
[4], at 224. the new point would be s[5]. Thus, the order now would be s[1:5] = {64, 128, 192. 256, 224} Sorting s[:] 
will restore the correct order of the points such that s[1 :5] = {64, 1 28, 1 92. 224, 256) 

[0124] Finally, a determination 780 is made as to whether the best Tbest points for stretching have been chosen. If 
not, then the steps described above, 720 through 780 are repeated until the best Tbest points for stretching have been 
chosen. 

3.3 Stretching Mixed Segments: 

[01 25] As noted above, mixed segments represent a combination of both periodic and aperiodic components. Con- 
sequently, neither the method for stretching voice segments, or unvoiced segments, is individually appropriate for 
stretching mixed segments. For example, using the method for processing voiced segments will introduce noticeable 
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artifacts into portions of the spectrum that are unvoiced. Similarly, using the method for processing unvoiced segments 
will destroy the periodicity In any voiced portions of the segment. Consequently, in one embodiment, both methods are 
used. Specifically, signals are generated from the current mixed segment using both the voiced and unvoiced methods. 
These signals are then combined to produce a composite signal that includes both the voiced and unvoiced signals. 

5 [0126] Further, in a related embodiment, the voiced and unvoiced signals that are generated here are weighted as 
a function of the value of the normalized cross correlation peak. For example, as noted above, the value of the nor- 
malized cross correlation peak increases as the segment becomes more periodic, i.e., as there is more speech in the 
segment. Therefore, weighting the voiced signal more heavily in the case where the value of the normalized cross 
correlation peak is higher will improve the perceived quality of the speech in the stretched segment at the cost of some 

10 periodicity, and thus potentially some perceivable artifacts, in the unvoiced portion of the stretched segment. Converse- 
ly, as the value of the normalized cross correlation peak decreases, there is less periodicity in the segment. Therefore, 
the unvoiced signal is weighted more heavily, thereby improving the perceived quality of the unvoiced portions of the 
segment, at the cost of reducing the periodicity, and potentially the intelligibility, of any voiced portions of the segment. 
[0127] For example, in a tested embodiment, a linear weighting from 0 to 1 corresponding to a normalized cross 

*5 correlation peak of .45 to .95, respectively, was used to create a voiced component for the composite signal by gen- 
erating a signal of the desired length using the voiced segment method described above. Similarly, a linear weighting 
from 1 to d corresponding to a normalized cross correlation peak of .45 to .95, respectively was used to create an 
unvoiced component for the composite signal by generating a signal of the same desired length using the unvoiced 
segment method described above. These two weighted signal components are then simply added to create the com- 

20 posite signal. However, it should be appreciated by those skilled in the art that there is no need to use a linear weighting 
as described, and that the weighting may be any linear or non-linear weighting desired. Further, the thresholds for 
voiced and unvoiced segments identified above were used in a tested embodiment, and are provided only for purposes 
of explanation. Clearly other threshold values for identifying voiced, unvoiced, and mixed segments may be used in 
accordance with the methods described herein. 

25 

3.4 Layered Approach for Compressing Segments: 

[0128] In applications where there is sufficient freedom of choice, the selection of which segments to actually com- 
press in any given frame or frames is also an important decision, as it typically affects the perceptual quality of the 
reconstructed signal for a human listener. For example, rather than compress all segments of a given signal equally, 
better results are typically achieved by employing a hierarchical or layered approach to compression. In particular, as 
noted above, the type of each segment is already known by the time that compression is to be applied to a frame. 
Given this infomiation, the desired compression is achieved in any given frame or frames by first compressing particular 
segment types in a preferential hierarchical order. 

[0129] In particular, frames or segments that represent voiced segments or silence segments (i.e., segments that 
include relatively low energy aperiodic signals) are compressed first. Next, unvoiced segments are compressed. Finally, 
mixed segments, or segments including transients are compressed. The reason for this preferential order is that com- 
pression of voiced or silence segments is easiest of the various segment types to accomplish without the creation of 
noticeable artifacts. Compression of unvoiced segments is the next easiest type to compress without noticeable arti- 
facts. Finally, mixed segments and segments containing transients are compressed last, as such segments are the 
hardest to compress without noticeable artifacts. 

[0130] Consequently, ratherthan compressing all segments of the signal equally, better results are typically achieved 
by selectively compressing particular frames. For example, compressing frames that represent speech, silence or 
simple noise, while avoiding compression of unvoiced segments or transients, produces a reconstructed signal having 
reduced perceivable artifacts. If sufficient compression cannot be accomplished by compressing voiced or silence 
segments, then non-transitional unvoiced segments are compressed in the manner described above. Finally, segments 
including transitions, i.e., mixed segments, are compressed if sufficient compression can not be achieved through 
compression of the voiced segments or non-transitional unvoiced segments. This hierarchical approach to compression 
serves to limit perceivable artifacts in the reconstructed signal. 

[0131] Further, in off-line applications, or if sufficient unplayed frames are available, then the desired compression 
can be spread out over one or more frames of the complete available signal, as necessary, by compressing only those 
segments that will result in the least amount of signal distortion or artifacts. For example, one particular way of achieving 
such conmpresslon is by pre-assigning any desired compression ratios to each of the different frame types. For ex- 
ample, a compression ratio of 5X can be assigned to silence frames. 2X to voiced frames, 1.5X to unvoiced frames, 
and IX (no compression) to mixed or transitional segments. Clearly, the compression ratios in this example are for 
purposes of explanation only, as any desired compression rations may be assigned to the various frame types. 
[0132] In general, once the particular segments to be compressed have been selected or identified, compression of 
segments is handled in a manner similar to that described above for stretching of segments. For example, when com- 
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pressing a voiced segment, a template is selected from within the segment, and a search for a match is performed. 
Once the match is identified, the segments are windowed, overlapped and added, thus cuUing out the signal between ■ 
the template and the match. As a result, the segment is shortened, or compressed. On the other hand, when com- > 
pressing an unvoiced segment, either a random or predetermined shift is used to delete a portion of the segment or ' 
frame, along with a windowing function such as a constant square-sum window to compress the segment to the desired \ 
amount. Finally, mixed segments are compressed using a weighted combination of the voiced and unvoiced methods ' 
similar to thai described above with respect to the stretching of mixed segments. 

[0133] The foregoing description of the temporal audio scaler for providing automatic variable stretching and com- ; 
pression audio signal frames has been presented for the purposes of illustration and description, tt is not intended to 
be exhaustive or to limit the invention to the precise fonri disclosed. Many modifications and variations are possible in 
light of the above teaching. Further, it should be noted that any or all of the aforementioned alternate embodiments : 
may be used in any combination desired to form additional hybrid embodiments of the temporal audio scaler described ; 
herein. It is intended that the scope of the invention be limited not by this detailed description, but rather by the claims ■ 
appended hereto. 



Claims 

A system for temporal modification of segments of an audio signal, comprising: 

i 

extracting data frames from an audio signal; 

examining content of each data frame and classifying a type of each data frame according to pre-established 

criteria; 

. temporally modifying at least part of at least one of the data frames using a temporal modification process that 
is specific to the classification type of each data frame. 

The system of claim 1 wherein the classification of frame type is based solely on the frame being classified. 

The systerh of claim 1 wherein the classification of frame type is at least partially based on information derived 
from one or more neighboring frames. 

The system of claim 1 wherein the frames are processed sequentially. 

The system of claim 1 wherein the classification is at least partially based on a periodicity of each data frame. 
The system of claim 1 wherein the frame types include voiced frames and unvoiced frames. 

! 

The system of claim 6 wherein the frame types further include mixed frames, said mixed frames including both 
voiced and unvoiced segments. 

A method for temporal modification of segments of an audio signal including speech, comprising: 
sequentially extracting data frames from a received audio signal; 

determining a content type of each segment of a current frame of the sequentially extracted data frames, said 
content types including voiced segments, unvoiced segments, and mixed segments; 

temporally modifying at least one segment of the current frame by automatically selecting and applying a 
corresponding temporal modification process for the at least one segment of the current frame from among a 
voiced segment temporal modification process, an unvoiced temporal modification process, and a mixed seg- 
ment temporal modification process. 

50 

9. The method of claim 8 further comprising estimating an average pitch period for each frame, said frames each 
comprising at least one segment of approximately one pitch period in length; 

I 

10. The method of claim 8 wherein detennining the content type of each segment of the current frame comprises 
S5 computing a nonnalized cross correlation for each frame and comparing a maximum peak of each normalized 

cross correlation to predetermined thresholds for determining the content type of each segment. 

1 1 . The method of claim 8 wherein the content type of at least one segment is a voiced segment, and wherein temporally 
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modifying the at least one segment comprises stretching the voiced segment to increase a length of the current 
frame. 

12. The method of claim 11 wherein stretching the voiced segment comprises: 

identifying at least one of the segments as a template; 

searching for a matching segment whose cross correlation peak exceeds a predetermined threshold; and 
aligning and merging the matching segments of the frame. 

13. The method of claim 12 wherein identifying at least one of the segments as a template comprises selecting a 
template from the end of the frame, and wherein searching for the matching segment comprises examining a 
recent past of the audio signal to identify a match. 

14. The method of claim 12 wherein identifying at least one of the segments as a template comprises selecting a 
template from the beginning of the frame, and wherein searching for the matching segment comprises examining 
a near future of the audio signal to identify a match. 



15. The method of claim 12 wherein identifying at least one of the segments as a template comprises selecting a 
template from between the beginning and end of the frame, and wherein searching for the matching segment 

20 comprises examining a near future and a near past of the audio signal to identify a match. 

16. The method of claim 12 further comprising alternating selection points for the template such that consecutive 
templates are identified at different positions within the current frame. 



17. The method of claim 8 further comprising detemriining whether an average compression ratio of temporally modified 
segments. corresponds to an overall target compression ratio, and wherein a next target compression ratio for at 
least one next current frame Is automatically adjusted as needed for ensuring that the overall target compression 
ratio Is approximately maintained. 

18. The method of claim 8 wherein the content type of at least one segment is an unvoiced segment, and wherein 
temporally modifying the at least one segment comprises automatically generating and inserting at least one syn- 
thetic segment into the current frame to increase a length of the current frame. 

19. The method of claim 1 8 wherein automatically generating the at least one synthetic segment comprises automat- 
ically computing the Fourier transfonn the current frame, Introducing a random rotation of the phase into the FFT 
coefficients, and then computing the inverse FFT for each segment, thereby creating the at least one synthetic 
segment. 

20. The method of claim 8 wherein the content type of at least one segment Is a mixed segment, and wherein the 
40 mixed segment Includes both voiced and unvoiced components. 

21 . The method of claim 20 wherein temporally modifying the mixed segment comprises: 



identifying at least one of the segments as a template; 

searching for a matching segment whose cross correlation peak exceeds a predetermined threshold; 
aligning and merging the matching segments of the frame to create an Interim voiced segment; 
automatically generating and Inserting at least one synthetic segment Into the current frame to create an Interim 
unvoiced segment; 

weighting each of the interim voiced segment and the interim unvoiced segment relative to a normalized cross 
50 correlation peak computed for the current segment; and 

adding and windowing the interim voiced segment and the Interim unvoiced segment to create a partially 
synthetic stretched segment. 



22. The method of claim 8 wherein the content type of at least one segment is a voiced segment, and wherein temporally 
modifying the at least one segment comprises compressing the voiced segment to decrease a length of the current 
frame. 

23. The method of claim 22 wherein compressing the voiced segment comprises: 
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identifying at least one of the segments as a template; 

searching for a matching segment whose cross correlation peak exceeds a predetermined threshold; 
cutting out the signal between the template and the match; and 
aligning and merging the matching segments of the frame. 

24. The method of claim 8 wherein the content type of at least one segment is an unvoiced segmenL and wherein 
temporally modifying the at least one segment comprises compressing the unvoiced segment to decrease a length 
of the current frame. 

25. The method of claim 24 wherein compressing the voiced segment comprises: 

shifting a segment of the frame from a first position in the frame to a second position in the frame; 

deleting the portion of the frame between the first position and the second position; and 

adding the shifted segment of the frame to the signal representing the remainder of the frame by using a sine 

windowing function for blending the edges of the segment with the signal representing the remainder of the 

frame. 

26. A computer-implemented process for providing dynamic temporal modification of segments of a digital audio signal, 
comprising using a computing device to: 

receive one or more sequential frames of a digital audio signal; 
decode each frame of the digital audio signal as it is received; 

determine a content type of segments of the decoded audio signal from a group of predefined segment content 
types, each segment content type having an associated type-specific temporal modification process; and 
modify a temporal scale of one or more segments of the decoded audio signal using the associated type- 
specific temporal modification process specific to each segment content type. 

27. The computer-implemented process of claim 26 wherein the group of predefined segment content types includes 
voiced type segments and unvoiced type segments. 

28. The computer-implemented process of claim 27 wherein the group of predefined segment content types further 
includes mixed type segments, said mixed type segments representing a mixture of voiced content and unvoiced 
content. 

29. The computer-implemented process of claim 27 wherein modifying the temporal scale of one or more segments 
comprises any of temporally stretching and temporally compressing the one or more segments to approximately 
achieve a target temporal modification ratio. 

30. The computer-implemented process of claim 29 wherein the target temporal modification ratio of subsequent seg- 
ments is automatically adjusted to achieve an average target temporal modification ratio relative to actual temporal 
scale modification of at least one preceding segment. 

31. The computer-implemented process of claim 27 wherein detemiining the content type of segments comprises 
computing a nonnalized cross correlation for sub-segments of each segment, and comparing a maximum peak of 
each nonnalized cross correlation to predetemnined thresholds for detemnining the content type of each segment. 

32. The computer-implemented process of claim 27 wherein at least one segment is a voiced type segment, and 
wherein modifying the temporal scale of voiced type segments comprises stretching at (east one voiced type seg- 
ment by approximately one or more pitch periods to increase a length of the at least one voiced type segment. 

33. The computer-implemented process of claim 27 wherein stretching the at least one voiced type segment comprises: 

identifying at least one sub-segment of approximately one pitch period in length as a template; 

searching for a matching sub-segment whose cross correlation peak exceeds a predetennined threshold; and 

aligning and merging the matching segments of the frame. 

34. The computer-implemented process of claim 27 wherein at least one segment is an unvoiced type segment, and 
wherein modifying the temporal scale of unvoiced type segments comprises: 
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automatically generating at least one synthetic segment from one or more sub-segments of the at least one 
unvoiced-type segment; and 

inserting the at least one synthetic segment Into the at least one unvoiced type segment to increase a length 
of the at least one unvoiced type segment. 

5 

35. The compuler-implemenled process of claim 34 wherein automatically generating the at least one synthetic seg- 
ment comprises: 

automatically computing the Fourier transform of at least one sub-segment of the at least one unvoiced type 
10 segment; 

randomizing the phase of at least some of the computed FFT coefficients; and 

computing the inverse FFT for the computed FFT coefficients to generate the at least one synthetic segment. 

36. The computer-implemented process of claim 34 further comprising automatically detemriining one or more insertion 
^5 points for inserting the at least one synthetic segment into the at least one unvoiced type segment. 
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